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Signal transmission method with frequency and 
time spreading 

BACKGROUND OF THE INVENTION 
5 The invention relates to a spread spectrum trans- 

mission method for broadband transmissions, via wire- 
less or hardwired connections, over a transmission 
channel subject to interference and multipath propaga- 
tion . 

10 The use of spreading methods for transmitting mes- 

sages is well known. The symbols of a data stream with 
a defined code sequence (chip sequence, spreading code) 
to be transmitted are multiplied and subsequently 
transmitted using, for example, the Direct Sequence 

15 Spread Spectrum method (DSSS) . The bandwidth of the 
message is increased as a result depending upon the 
number of chips in the code sequence. The message sig- 
nal thus undergoes frequency spreading before transmis- 
sion . 

20 In the receiver, which knows the code sequence used 

by the transmitter for spreading, the frequency spread 
is removed by correlating the received signal with the 
code sequence. The frequency of the received signal is 
thus said to be "despread." 

25 The code sequence used by the transmitter and re- 

ceiver for coding and decoding has a fixed time dura- 
tion that corresponds to the duration of the symbols in 
the data source. The system is not able to respond to 
changes in the symbol data rate. 

30 The transmitted signal may also undergo frequency 

spreading using the Frequency Hopping Spread Spectrum 
method (FHSS) . In this method, individual data pack- 
ets, controlled by a code sequence (hopping sequence) , 
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are transmitted consecutively in different frequency 
domains of a given message channel. Here too, the re- 
ceived message signal is despread in the receiver using 
the known hopping sequence. 
5 A common feature in these two methods is the re- 

quirement of a transmission bandwidth for the transmit- 
ted message that corresponds to a fixed multiple of the 
baseband signal bandwidth. Because of this system re- 
quirement both the Direct Sequence method and the Fre- 

10 quency Hopping method are only able to use part of the 
available channel capacity in point-to-point connec- 
tions. Thus, the symbol data rates which can be 
achieved are low in comparison with other transmission 
methods. Both methods are also inflexible and cannot 

15 adapt to a change in the received data, i.e. changes in 
the symbol rate and, in conjunction with this, the 
baseband signal bandwidth. 

Better utilisation of channel capacity is achieved 
by use of these frequency-spreading techniques in mul- 

20 tiple-access methods (for example DS-CDMA) . Theoreti- 
cally, the maximum data rates for a given channel band- 
width can also be achieved with the CDMA method by the 
parallel use of different code sequences for the indi- 
vidual subscriber stations and by the use of space di- 

25 vision techniques. A prerequisite for this is a syn- 
chronisation at chip level. However, it has been shown 
in practice that the optimum values cannot be achieved. 

Due to the low symbol rates, CDMA methods are com- 
paratively insensitive to transmission interference 

30 caused by multipath propagation. Such methods are also 
advantageous in that they work with correlative selec- 
tion methods, i.e. they separate channels by correla- 
tion on the time axis. As multipath propagation pro- 
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duces interference signals, which have different time 
references, not only are adjacent channels suppressed 
by the time-correlative methods but also the multipath 
signals . 

5 If data is to be transmitted over available message 

channels at the highest possible data rates, and if at 
the same time the bandwidth resources are to be flexi- 
bly distributed, then it is necessary to resort to al- 
ternative access methods, such as TDMA methods that 

10 permit flexible management of individual channels and 
with which data rates up to the maximum possible physi- 
cal data rate can be achieved by making optimum spec- 
tral use of the channel. 

If, however, the data-transmission rate is in- 

15 creased for the given channel bandwidth, then the sen- 
sitivity to interference (distortion) due to multipath 
propagation also increases at the same time. If, when 
an information symbol is being transmitted via a mes- 
sage channel a delay spread of certain length is pro- 

20 duced, then the number of subsequent symbols distorted 
by the reflections will be determined by the symbol 
rate. The higher the symbol rate, the more complex the 
distortions of the symbol stream become and the more 
difficult it is to compensate (or equalized) the mul- 

25 tipath effects in the receiver. 

All known methods of equalization require a very 
accurate determination of transmission channel parame- 
ters. The state of the art for determining such parame- 
ters is accomplished by means of a channel assessment 

30 (or channel measurement) . The starting value for this 
assessment is the pulse response of the channel. 

For measuring wireless channels, the state of the 
art, as described in German patent document DE 34 03 
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715 Al, includes the use of signals having good auto- 
correlative characteristics referred to hereafter as 
"correlation signals." The desireable characteristics 
of a correlation signal include the auto-correlation of 
5 the signal, which by definition is a function of the 
time shift, having a pronounced maximum at a time shift 
of zero, whereas at all other time shifts, the auto- 
correlation has absolute values which are as small as 
possible. Clearly this means that the auto-correlation 

10 of the correlation signal represents a pulse which is 
as narrow as possible with little leading and trailing 
transient oscillation. Various families of correlation 
signals are known. Amongst others, the correlation sig- 
nals include the often mentioned pseudo-noise (PN) se- 

15 quences, which in practice are realised by means of 
time-discrete signal-processing. In order to ensure 
that the term is unambiguous, the subset of time- 
discrete correlation signals will be defined here as 
correlation sequences. M-sequences and Frank Zadoff Chu 

20 sequences should also be mentioned as further examples 
of correlation sequences. 

The use of correlation sequences for transmitting 
information and for selecting channels in multipath ac- 
cess systems is known from CDMA technology (Direct Se- 

25 quence CDMA) . Here, not only are the auto-correlative 
characteristics of a sequence important but also the 
cross-correlative characteristics within a family of 
sequences. Within a family with good correlative char- 
acteristics, the cross-correlation between any two dif- 

30 ferent sequences in this family has low absolute values 
compared with the maximum of the auto-correlation of 
each sequence in the family. 
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The use of chirp pulses for the measurement of cer- 
tain channel characteristics in hardwired telephone 
channels is also described in communications technol- 
ogy. See for example, T. Kamitake: "Fast Start-up of 
5 an Echo Canceller in a 2-wire Full-duplex Modem", IEEE 
proc. of ICC 84, pp 360-364, May 1984, Amsterdam, Hol- 
land. 

Chirp signals, whose particular suitability for 
measuring purposes is known from radar technology, can 

10 likewise be interpreted as correlation signals and, 
when processed time-discretely, as correlation se- 
quences. However, in contrast to the PN sequences nor- 
mally used, chirp signals are complex and exhibit a 
multitude of phase states. Moreover, proposals exist, 

15 see for example US Patent No. 5,574,748, for using 
chirp signals for transmitting information via wireless 
and wired channels. 

In summary, it can be said about the state of the 
art that, with the known methods for frequency spread- 

20 ing, the advantage of immunity to interference goes 
hand in hand with low symbol rates and with a low spec- 
tral efficiency. A flexible distribution of resources 
and a matching of the systems to changing symbol rates 
and to variable bandwidth requirements cannot be 

25 achieved with the existing methods. 
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SUMMARY OF THE INVENTION 

In order to transmit messages with high symbol 
rates at the same bandwidth, it is necessary to resort 
to other transmission techniques without frequency 
5 spreading, which do not have one important advantage of 
the spreading methods, i.e., the robustness against 
narrow-band interference. In any case, added to this is 
the sensitivity of the transmission to multipath propa- 
gation, which demands the use of equaliser circuits 

10 and, as a prerequisite for this, a very accurate deter- 
mination of the channel characteristics. 

It is therefore an object of the present invention 
to devise a multiple-access method for transmitting 
messages via channels with interference due to mul- 

15 tipath propagation. The proposed method enables sig- 
nals having high symbol rates to be transmitted and yet 
react flexibly and with maximum spectral efficiency to 
changes in the received data and to variable sub- 
scriber-related requirements for transmission speed and 

20 bit error rate. 

In one aspect, the present invention solves the 
problems associated with conventional system by means 
of a method transmitting information symbols having a 
given symbol rate via a channel having a prescribed 

25 bandwidth, wherein the information symbols are sub- 
jected to frequency-spreading and time-spreading at the 
transmitter and a corresponding despreading at the re- 
ceiver. The method according to the present invention 
allows an adaptive matching of a respective signal 

30 spreading and associated system gain to required trans- 
mission quality requirements and channel characteris- 
tics . 
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In one related aspect, the foregoing method con- 
trols system gain by a variations in the symbol rate. 
In another related aspect, the method allows adjustment 
in the frequency spread and/or the time spread in ac- 
5 cordance with at least one of a set of parameters in- 
cluding transmitter power, bit error rate and/or trans- 
mission speed (bit rate) . 

In part, the present invention is predicated on a 
recognition that in a communications system transmit- 

10 ting information symbols sequentially both a frequency 
spreading by means of quasi Dirac pulse formation and a 
time spreading by interleaving the frequency-spread in- 
formation symbol with a correlation signal must be car- 
ried out for each information signal. Thus, for every 

15 input-data rate, a maximum possible frequency spread, 
as determined by the bandwidth and the maximum time 
spread, can be reasonably be achieved. In effect, this 
leads to a minimum susceptibility to interference. Tem- 
poral overlap of the correlation signals, which often 

20 occurs at high data rates and leads to an inter-symbol 
interference, can be avoided in the present invention 
by a suitable choice of correlation signals, and/or 
with a correct selection of filter settings. 

Furthermore, the same correlation signal (e.g. 

25 chirp signal) which is used in the present invention 
for transmission of a single information symbol is also 
used to measure the channel. This has the effect of 
greatly simplifying the structure of the receiver. 



BRIEF DESCRIPTION OF THE DRAWINGS 

Presently preferred embodiments of the present in- 
vention are explained in more detail below in conjunc- 
tion with the drawings, in which: 

Figure 1 is a block circuit diagram of a transmis- 
sion system according to the present invention; 

Figure 2 is a block circuit diagram of an alterna- 
tive embodiment of the transmission method according to 
the present invention; 

Figure 3 is a block circuit diagram illustrating an- 
other embodiment of the present invention; 

Figure 4 is a block circuit diagram showing a fur- 
ther variant of the present invention; 

Figure 5 is a block circuit diagram showing a sam- 
pling control in the receiver; 

Figure 6 is signal diagrams showing signals from the 
circuit shown in Figure 3; 

Figure 7 is an exemplary program sequence for the 
assessment of a transmission channel; 

Figure 8 is an envelope curve for a compressed chirp 
pulse; 

Figure 9.1a is a graphical diagram illustrating sig- 
nal-noise ratio as a function of channel data rate; 

Figure 9.1b illustrates signals at the output of a 
compression filter in an exemplary receiver; 

Figure 9.2a is a representation of transmission sig- 
nals and related broadband interference; 

Figure 9.2b is a representation of a transmission 
signal spectra and related broadband interference; 

Figure 9.2c is a block circuit diagram showing addi- 
tive superimposition of a transmission signal and in- 
terference in the form of a pulse; 
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Figure 9. 2d is a representation of signals having 
compressed chirp pulses and extended interference compo- 
nents; 

Figures 9.3 through 9 . 8 illustrate exemplary program 
sequence for an access method according to the present 
inventions- 
Figure 9.9 is a representation of a TDMA frame with 
several subscriber time slots having different widths; 

Figure 9.10a and 9.10b are representations of the 
TDMA frame with time slots of different width and sche- 
matic representation of the signal response after being 
compressed at the receiver; 

Figure 9.11 lists formulae for the calculation of 
peak amplitudes for signals compressed at the receiver 
in different time slots according to Figure 9.10; 

Figure 9.12 illustrates the change of time slot data 
in relation to a change in system requirements (Compare 
Figure 9.10) ; 

Figure 9.13 lists formulae for the calculation of 
peak amplitudes for signals compressed at the receiver 
in accordance with Figure 9.12; 

Figure 9.14 illustrates the ends of the transmission 
signal envelope in accordance with Figure 9.9. 
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DESCRIPTION OF PREFERRED EMBODIMENTS 

Figure 1 shows a simplified block diagram for a 
transmission system according to the present invention. 
The information symbols to be transmitted 3 first un- 
dergo a frequency spreading 4. When the signal process- 
ing is continuous over time, this is carried out, for 
example, by conversion to pseudo Dirac pulses followed 
by band pass filtering. With time-discrete signal proc- 
essing, the operation of "upsampling" (increasing the 
sample rate) , for example, has the effect of spreading 
the frequency. 

In the next step, the time-spreading 5 of the fre- 
quency-spread symbols takes place. (The frequency 
spreading 4 and time spreading 5 functions are prefera- 
bly implemented in a transmitter 1) . As an example, 
time spreading 5 occurs by interleaving with a correla- 
tion sequence. This is followed by transmission of the 
symbols via a channel 6. Any number of modulation 
stages, intermediate-frequency stages and high- 
frequency stages may be considered as part of the 
transmission channel 6. At the other end of transmis- 
sion channel 6, the received signal along with superim- 
posed interference now passes through a time compres- 
sion stage 7. Time compression may be accomplished, 
for example, by interleaving the received signal with 
the time-inverted conjugated complex correlation se- 
quence . 

The symbols subsequently appearing enable a good 
assessment of -<the channel 9 to be made, which in turn 
allows conventional equalisers 8 to be used even for 
high symbol rates. Finally, frequency compression 10 
takes place, which is realised, for example, by a sam- 
ple-and-hold term or by an integrate-and-dump term. 
The time compression 7, channel assessment 9, equaliza- 
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tion 8 , and frequency compression 10 functions are pref- 
erably performed in a receiver 2. 

A more detailed embodiment of the present invention 
using digital and thus time-discrete signal-processing 
techniques is shown in Figure 2. A sequence of trans- 
mission symbols, in which each element represents a 
complex number from a symbol alphabet, is applied with 
a symbol clock to the input of the arrangement. This 
sequence is up-clocked 11 by a factor of N. Up- 
clocking 11 may be accomplished by increasing the clock 
rate and inserting mathematical zeros (no information) , 
which is equivalent to a spreading of the frequency. 

The clocked-up sequence then passes through a 
transmission filter 12, whose pulse response corre- 
sponds to the chosen correlation sequence. Physically, 
this means that each symbol initiates the complete cor- 
relation sequence multiplied by the symbol value. 
Mathematically, this is equivalent to interleaving the 
clocked-up sequence with the correlation sequence, dur- 
ing which a time-spreading of the individual symbol 
takes place. 

The resulting signal then passes through a digital- 
analogue converter 13 and subsequently through a low- 
pass output filter 14. 

This is followed by communication of the symbols 
via a transmission channel 15. In practice, transmis- 
sion channel 15 comprises many separate transmission 
elements or media and may include amplifiers, mixing 
elements, as well as intermediate-frequency and high- 
frequency stages. 

At the receiving end, the signal first passes 
through a low-pass input filter 16 and then an ana- 
logue-digital converter 17. The digitised signal is 
thereafter fed into a receiver filter 18, which has a 
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conjugated complex frequency response compared with the 
transmission filter 12. As a result, time-compression 
takes place. For the case where a single reference 
symbol has been transmitted from the transmitter end, 
the channel pulse response directly appears at the out- 
put of receiver filter 18 without additional steps. 

The coefficients of a distortion eliminator or 
equaliser can be calculated 23 immediately using known 
algorithms, such as, K.D. Kammayer: Nachrichtenubertra- 
gung (Message Transmission) 2'''^ edition, Stuttgart 1996. 
In the present example, a Fractional Spaced Equalizer, 
(FSE) 19, is used in combination with a Decision Feed- 
back Equalizer, (DFE) 22. See further, S. Qureshi: 
Adaptive Equalization, IEEE Communications Magazine, 
Vol. 20, March 1982, pp 9-16. 

As the signal passes through FSE 19, which repre- 
sents a linear filter, signal distortion is compen- 
sated. The signal is subsequently clocked down 20 by a 
factor N. Clocking-down is a reduction in clock rate 
with only each nth value being passed on. After being 
clocked-down, the received symbol representation enters 
a decision stage 21 in which it a decision is made as 
to what symbol is present, the decision being made in 
relation to an agreed alphabet. The decision is fed 
back into DFE 22. By this means, further channel dis- 
tortion of the signal is compensated. 

In a further embodiment shown in Figure 3, refer- 
ence symbols for assessing (or determining) channel 
characteristics are placed in front of the payload data 
packet being transmitted. These reference symbols con- 
sist of information symbols arranged in a special meas- 
uring interval. The reference symbols are transmitted 
to the receiver using a combination of frequency 
spreading and time spreading methods. Distortion of the 
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reference symbols occurring in the measuring interval 
due to multipath propagation is recorded, analysed and 
directly used to determine coefficients for the equal- 
iser . 

In order to carry out measurement of the channel 
with the required high accuracy, the reference symbols 
must be transmitted with a high signal-to-noise ratio. 
Furthermore, the reference signals must have high reso- 
lution on the time axis in order to be able to deter- 
mine accurately the phase position of the multipath 
components. Both requirements are met by the frequency 
spread and time spread transmission of the reference 
symbols . 

In the example, a chirp pulse is used as the corre- 
lation sequence for the time spreading and for the com- 
pression in time of the symbols. Chirp pulses are lin- 
ear frequency-modulated pulses of constant amplitude of 
duration T, during which the frequency continuously 
changes from a lower to an upper frequency by rising or 
falling linearly. The difference between the upper and 
the lower frequency represents the bandwidth B of the 
chirp pulse. 

The total duration T of this pulse, multiplied by 
the pulse bandwidth B, is described as the extension or 
spreading factor cp, where cp = B • T . If such a chirp 
pulse passes through a filter with an appropriately 
matched frequency-duration characteristic, then a time- 
compressed pulse is produced with an envelope similar 
to sinx/x (See, Figure 8), whose maximum amplitude is 
increased by a factor of ^/5f with respect to the input 
amplitude . 

This means that the ratio of peak output power to 
input power is equal to the BT product of the chirp 
pulse and, for a given bandwidth, the degree of in- 
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crease Pout_max /Pm can be freely set by the pulse dura- 
tion T of the transmission pulse. The compressed pulse 
has the full bandwidth B and its mean pulse duration is 
1/B. The achievable time resolution is thus solely de- 
termined by the transmission bandwidth. Two adjacent 
compressed pulses can still be separated from one an- 
other if they are spaced by at least 1/B, i.e. if the 
uncompressed chirp pulses are offset by exactly this 
spacing with respect to one another. 

The compression process is reversible; a carrier- 
frequency pulse with an envelope similar to sinx/x can 
be transformed into a chirp pulse of approximately con- 
stant amplitude by means of a dispersive filter with a 
suitable frequency/group run-time characteristic. In 
doing so, the sinx/x-like pulse is subjected to a time- 
spreading by a factor of BT . 

Chirp pulses produced in the transmitter, transmit- 
ted via a channel subject to interference and com- 
pressed in the receiver have a great advantage compared 
with uncompressed signals with regard to S/N. The par- 
ticular advantage of chirp signals (or time-spread sig- 
nals in general) predestined for channel measurement is 
their system gain in the signal-to-noise ratio due to 
the time-compression at the receiver end, which when 
quoted in dB is calculated as lO-log(BT). 

In the following example, information symbols at a 
symbol rate D are to be transmitted via a message chan- 
nel of bandwidth B. 

A chirp pulse of length T is used as the correla- 
tion sequence for time-spreading. Such a chirp pulse 
weighted by the symbol value is generated for each in- 
dividual symbol. Accordingly, a symbol is spread in 
time to a length of T. The spacing At of adjacent chirp 
pulses then follows directly from the symbol rate 
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D[baud] and is At = 1/D. Depending on this pulse spac- 
ing, the resulting chirp pulses may overlap in time. 
The number n of pulses, which overlap at any point in 
time, is determined as the quotient of chirp duration T 
and pulse spacing At. 

The maximum available transmitter power P is used in 
one transmission period for transmitting the spread 
signals. This power is divided between the n-times 
overlapping chirp pulses. Each individual chirp pulse 
is therefore transmitted with a power of P/n. 

Due to the time-compression in the receiver, a chirp 



pulse undergoes a power increase 



of Pout max /Pm = B 



If n-tiraes overlapping chirp pulses are received and 
compressed with an input power of Pm, then the peak 
power of an individual pulse is Pout_max = Pm • B ■ T/n. 

According to the invention, the same correlation se- 
quence is used for the time-spreading of the informa- 
tion symbols and of the reference symbols (for the as- 
sessment of the channel) . In order to transmit the ref- 
erence symbols sent during the measuring interval with 
a preferential S/N ratio compared with the information 
symbols of the data packet, it is sufficient to in- 
crease the symbol spacing of the reference symbols at 
constant peak power to such an extent that fewer pulses 
overlap, i.e. so that the value n decreases. 

If the pulse spacing At is equal to or greater than 
the chirp duration T, then a chirp pulse will be trans- 
mitted with the full transmitter power P. The peak 
power after compression at the receiver end is then: 

Pout_max = Pin • B • T. 

In the simplest case, the condition At = T is ful- 
filled when only one single reference pulse is sent 
during the measuring interval. In the example pre- 
sented, two reference pulses are transmitted. It will 
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be shown that the spacing to be chosen for them depends 
not only on the chirp length but also on the expected 
delay spread of the transmission link. 

The input signal gl (see Figures 3 and 6a) contains 
the reference symbols to be transmitted, which are 
brought together in data packets of length Tsignai- In 
the example, gl is a signal consisting of bipolar rec- 
tangular pulses. 

In the measuring interval designated by TRef, a pulse 
generator (G) 30 generates a sequence (two in the exam- 
ple) of reference symbols g2, whose position is shown 
in Figure 6b. Rectangular-shaped pulses are produced, 
which are increased in their pulse power compared with 
the pulses of the signal interval by a factor of 
n = D • T. (D is the symbol rate in the signal inter- 
val, T the chirp duration and n is the number of pulses 
in the signal interval which overlap one another after 
the time-spreading) . 

According to the maximum delay spread of the trans- 
mission channel to be expected, the spacing in time of 
the two reference symbols is chosen to be at least 
large enough so that the reflections of the first ref- 
erence symbol occurring during transmission can com- 
pletely die away in rhe interval between the pulses. 

As the signal interval Tgignai and the measuring in- 
terval TRef do not overlap, the input signal gl and the 
reference signal g2 can be added together without su- 
perimposition with the aid of a summation stage 31. 

The summed signal g3 is subsequently fed to a pulse 
shaper 32, which converts each rectangular pulse of the 
summed signal into a quasi Dirac pulse with the same 
energy and thus undertakes the actual frequency spread- 
ing. The sequence of needle pulses produced (Figure 6c) 
is fed to a low-pass filter 33 and thus limited in its 
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bandwidth to half the transmission bandwidth. The run- 
time behaviour of the low-pass filter exhibits an in- 
crease shortly before the limiting frequency so that 
the individual needle pulses are each transformed into 
si pulses, whose shape accords with the known si func- 
tion si(x) = sin{x)/x. 

After this, the si pulse sequence is fed to an am- 
plitude modulator 34 (designed for example as a four- 
quadrant multiplier) , which modulates these signals 
onto a carrier oscillation of frequency fi, which is 
produced by an oscillator 35, so that carrier-frequency 
pulses with a pulse-by-pulse si-shaped envelope are 
produced at the output of the amplitude modulator, as 
shown in Figure 6d. The output signal of the amplitude 
modulator has the same bandwidth as the transmission 
channel. Put in another way, the sequence of reference 
and information symbols has undergone a frequency 
spread over the full channel bandwidth. 

The pulses generated in this way have an approxi- 
mately rectangular-shaped power-density spectrum in the 
transmission-frequency range. Therefore, the measuring- 
interval reference pulses are ideal for use as a test 
signal for determining the pulse response of the chan- 
nel . 

A dispersion filter {chirp filter) 36 is connected 
after the amplitude modulator, which filters the modu- 
lated carrier signal g4 according to its frequency- 
dependent differential run-time characteristic (time 
spreading) . This process corresponds to interleaving 
the carrier signal with the weighting function of the 
chirp filter. The result of this operation is that each 
of the individual carrier-frequency pulses is trans- 
formed into a chirp pulse and thus spread on the time 
axis (Figure 6e) . The reference chirp pulses, free from 
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superimpositions, appear during the measuring interval, 
each having the same power, which is used in the signal 
interval for transmitting n overlapping chirp pulses. 
They are thus produced with n times the power when com- 
pared with an individual pulse in the data packet and 
are thus transmitted with a signal-to-noise ratio which 
is better by a factor of n. 

The output signal of dispersive filter 36 is trans- 
mitted to the receiver via the message channel. Also 
included here in the message channel are all other 
transmission stages such as transmitter end stage, re- 
ceiver filter, receiver amplifier, etc. 

The received signal g6, which contains the measur- 
ing-interval and data-packet chirp pulses as well as 
the reflections of these pulses, passes through a dis- 
persive filter 37 whose frequency-dependent differen- 
tial group-run-time characteristic is complementary to 
the characteristic of dispersive filter 36 on the 
transmitter side of the system. In doing so, the indi- 
vidual chirp pulses are compressed in time, i.e. con- 
verted to carrier-frequency pulses with an envelope 
similar to sin(x)/x. 

As the superimposed reflections of the transmitted 
chirp pulses are also chirp pulses, i.e. they have the 
same frequency/time characteristic, they are also com- 
pressed in the same way. 

The output signal of the dispersive filter is subse- 
quently fed to a demodulator 38 and a downstream low- 
pass filter 39, which rids the signal of the high- 
frequency carrier oscillation. The compressed and de- 
modulated signal g7 appears at the output of the low- 
pass filter 39, which has interference superimposed 
upon it due to the multipath propagation. 
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The signals are evaluated during the measuring in- 
terval TRef in a Determination of coefficients circuit 
block 40. Within this circuit block, the compressed and 
demodulated reference signal including the superimposed 
5 multipath reflections is present. This therefore pro- 
vides an echogram for assessing the channel, which dis- 
plays the reflections superimposed on the transmission 
link with sin (x) /x-shaped needle pulses. 

The calculated pulse response of the transmission 

10 channel is passed to equalizer 41, which compensates 
for the reflection components superimposed on the in- 
formation symbols within the signal period Ts^gnai- The 
output signal of equalizer 41 is fed to a sample-and- 
hold stage 43. This despreads the signal in the fre- 

15 quency domain once more. The result of this process is 
that the transmitted symbols are once again available 
in the form of rectangular pulses. 

Due to their high time resolution and the transmis- 
sion which has been protected in particular against in- 

20 terference, the demodulated reference pulses can also 
be called upon by a sampling control circuit 42 in the 
receiver . 

In a further exemplary variant shown in Figure 4, an 
additional circuit block for channel assessment 44 is 

25 inserted before the determination of coefficients 40, 
which subjects the response of the channel to the ref- 
erence symbols to an additional mathematical algorithm 
with the objective of determining the pulse response of 
the channel even more accurately. 

30 One possible algorithm for assessing the channel is 

shown in Figure 7 in the form of a flow diagram. In 
contrast to known algorithms, this is a "parametric" 
channel assessment. This means that discrete multipath 
echoes are detected and their respective parameters. 



amplitude, phase and timing, referred to in the follow- 
ing as "reflection coefficients", are assessed. 

On first starting after calculating a reference 
pulse 49, the reference pulse (i.e., an undistorted 
symbol) is first analysed and consigned to a memory 50. 
The next stage is to wait for the start of an equaliza- 
tion period 51. During the equalisation period, the in- 
put signal is stored in a buffer memory 52. After the 
equalisation period 53, the contents of the buffer mem- 
ory are evaluated. First, the standard deviation of the 
noise is calculated by interpreting as noise the signal 
before one or more symbols contained in the equaliza- 
tion period 54. An amplitude threshold is calculated 
from this standard deviation 55. 

A loop now begins, including the steps of: 

1. locating for the sample with a maximum absolute 
value in the buffer memory and interpret this as re- 
flection coefficient 56; 

2. determining whether the sampled value lies above 
a threshold 57; 

3. if yes, calculating a reflection pulse whose ab- 
solute value, phase and timing are determined by the 
reflection coefficient while its form is given by the 
reference pulse 58; 

4. if no, terminating the loop 60 after normalizing 
the reflection coefficients found up to this point with 
respect to the reflection coefficient with the maximum 
absolute value and return this as a result 59; 

5. following the "Yes" branch, subtract the calcu- 
lated reflection pulse from the contents of the buffer 
memory by sampling 61; 

6. if the absolute value of a sample of the reflec- 
tion pulse is greater than the absolute value of the 
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time-corresponding sample in the buffer memory, write 
the difference of the samples into the memory 63; 

7. otherwise, writing a zero in this position in 
the buffer memory 62, and returning to step 56. 
5 One or more reference symbols are transmitted dur- 

ing one equalisation period. In the simplest case, the 
time-compressed signal h(t) of a reference symbol is 
interpreted as the assessment of a channel-pulse re- 
sponse. An improved assessment of the channel pulse 
10 response due to a reduction in noise, can be obtained 
by carrying out an averaging over several reference 
symbols. A filtering of the threshold value will also 
suppress noise. In doing so, the threshold-value- 
filtered channel-pulse response hsch(t) is interpreted 
15 as noise wherever the absolute value of h(t) is less 
than an amplitude threshold to be determined, and set 
to zero. The threshold is chosen, for example, as a 
defined fraction of the maximum or mean signal ampli- 
tude. Another possibility is to choose the threshold 
20 such that the signal still contains a fixed part (for 
example 95%) of its energy after the threshold value 
has been formed. 

In order to produce a chirp signal with linearly 
increasing frequency by means of quadrature amplitude 
25 modulation QAM in the intermediate-frequency or high- 
frequency range, a complex baseband signal in the form 
z(t) = Zo-exp(j-^^^) for \t\ \ 

0 otherwise 
is suitable. Here, B is the bandwidth of the chirp sig- 
30 nal, T the duration and Zq is information to be trans- 
mitted, which is considered to be constant for the du- 
ration of the chirp signal. Sampling at a sample fre- 
quency fs results in a chirp sequence of N points: 
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z(n) = Zo-expij-TV-^ -n^) for \n\ | 

0 otherwise 
The signal z(t) thus represents a chirp signal 
which can be used in the arrangement of Figure 1. Fur- 
thermore, z(n) represents a chirp sequence which can be 
used as a correlation sequence in the arrangement of 
Figure 2. In the present case, the sequence z (n) is a 
uniform, polyphase complex sequence, which however is 
not a necessary condition for its use in the arrange- 
ment of Figure 2. 

It is the state of the art in transmission systems 
to subject the symbols to be transmitted to filtering 
with a raised cosine roll-off filter for the purpose of 
producing pulses. This guarantees that the symbols ful- 
fil the first Nyquist criterion after transmission, 
which ensures that no troublesome intersymbol interfer- 
ence occurs. It is also common to distribute the raised 
cosine roll-off filter between the sender and the re- 
ceiver, for example by using a filter with a root 
raised cosine roll-off characteristic in each case. De- 
cisive here is that the resulting transfer function of 
all the elements of the transmission link corresponds 
to the raised cosine roll-off characteristic resulting 
from the desired symbol rate. 

A great advantage of linear chirp signals now lies 
in the fact that any frequency sequence, hence also a 
root raised cosine roll-off characteristic, can easily 
be superimposed by multiplying, i.e. weighting, the 
signal in the time domain by the desired frequency se- 
quence. This is possible because, with the linear 
chirp, every point in time also corresponds exactly to 
a frequency point. The exact relationship f(t) between 
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the point in time and the frequency point is given by 
the derivation of the phase of the chirp signal. 
A sequence of the fornri 

z{n) = Zo-exp(j-;r--^ -n') ■W(f(n)) for \n\ ^ 

0 otherwise 
thus represents a weighted chirp sequence. The weight- 
ing function W(f) is the desired frequency characteris- 
tic, i.e. for example, the familiar root raised cosine 
roll-off characteristic. 

Here, the function f(n) describes the relationship 
between the instantaneous point in time and the instan- 
taneous frequency. For the chirp sequence used here: 
f(n) = 2-^-±-^ 

applies . 

When using correlation signals and chirp signals in 
particular, it is therefore possible to carry out the 
pulse-shaping filtering, which is necessary in any 
case, even before the transmission by appropriately 
pre-f iltering the correlation signal or by appropri- 
ately weighting the chirp signal. This more than com- 
pensates for the disadvantage of the increased calcula- 
tion effort for processing correlation signals. 

As the reference symbols are preferably transmitted 
without overlapping, they have a high amplitude after 
being time-compressed. They can thus be precisely de- 
tected in time using simple means. This opens up the 
possibility of deriving the sampling control of the re- 
ceiver directly from the reference symbols. Figure 5 
shows an arrangement which makes this possible. This 
starts from the simple case where each and every refer- 
ence symbol is followed by a packet of N information 
symbols after a time interval of M symbol clock pulses. 
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The reference symbol is first detected by means of 
a comparator 71. The occurrence of a reference symbol 
initiates the release of a frequency divider 73. On the 
input of the frequency divider is the signal from an 
5 oscillator 72 whose frequency is a multiple of the sym- 
bol clock. The symbol clock now appears at the output 
of the frequency divider. The phase of the symbol clock 
is determined by the timing of the release. As ex- 
pected, the phase error of the symbol clock is small, 
10 as it depends only on the accuracy in time of the re- 
lease timing. 

A 1 ... M counter 74 counts the known number M of 
symbol clock pulses which lie between the reference 
symbol and the first information symbol. A 1 ... N 

15 counter 75 counts the known number of symbol clock 
pulses N which lie between the first information symbol 
and the last information symbol. The 1 ... M counter 
and 1 ... N counter are "one-off" counters, which re- 
main in their current state when they have reached 

20 their final value until they are reset by a RESET sig- 
nal . 

In the time interval in which the 1 ... N counter 
is active, a signal is present on the output of the 
output gate 7 6, the edges of which can be used to sam- 
25 pie precisely all information symbols. As soon as the 1 
N counter reaches its final value, the arrangement 
is reset to its starting condition and waits to be ac- 
tivated by the next reference symbol. 

The present invention combines a frequency- 
30 spreading method with a time-spreading method for 
transmitting message signals. In order to achieve the 
best possible spectral usage of the transmission chan- 
nel, the symbols to be transmitted are frequency- 
spread. To differentiate from other frequency-spreading 
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methods, the frequency spreading here is not carried 
out using a symbol-by-syrtibol multiplication with a code 
sequence but by clocking-up or forming quasi Dirac 
pulses with subsequent filtering. 
5 As a result of frequency spreading, each individual 

pulse to be transmitted has an approximately rectangu- 
lar spectral power-density over the whole frequency 
range of the transmission. Due to this broadband capa- 
bility, the frequency-spread signals are resilient to 
10 narrowband interference. 

Furthermore, an important characteristic of the in- 
vention consists in the frequency-spread symbols of the 
whole transmitting period (i.e. reference and informa- 
tion symbols) being additionally time-spread before 
15 transmission. As a result of this time-spreading, the 
pulse energy of the individual symbols is distributed 
over a longer period of time. This makes the transmis- 
sion more resilient to short-term interference. The 
symbols time-spread in this manner are re-compressed in 
20 time in the receiver. 

Due to this compression, there is a system gain in 
the signal-to-noise ratio, which is directly dependent 
on the size of the time spread. The frequency-spread 
symbols are particularly suitable as test signals for 
25 determining the channel characteristics because of the 
rectangular-shaped power-density spectrum. 

As a result of this, frequency-spread symbols are 
sent out in a special measuring interval for assessing 
the channel in order to excite the channel with equal 
30 intensity over the whole frequency range. The pulse re- 
sponse of the channel is recorded in the receiver and 
used as the input value for the echo compensation. 

When transmitting at high symbol-data rates over 
message channels which are subject to interference, the 
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compensation for the multipath distortion requires a 
very accurate determination of the channel parameters. 
A condition for this is a transmission of the reference 
symbols which is especially safeguarded against inter- 
5 ference. This means that they would have to be sent out 
with increased power when compared with the information 
symbols. However, in power-limited systems, transmis- 
sion always takes place with the same maximum power 
within one sending period. Because of the symbol-by- 

10 symbol spreading, the information symbols transmitted 
can overlap to a greater or lesser extent depending on 
the symbol rate and the length of the spreading se- 
quence so that the emitted transmitter power is always 
spread across several symbols. On the other hand, the 

15 reference symbols for assessing the channel, which are 
transmitted in the measuring interval, are positioned 
according to the invention so that they are free from 
overlaps and are thus transmitted with the full trans- 
mitting power. With regard to power, they are therefore 

20 increased in comparison with the individual information 
symbols and appear at the receiver with an increased 
S/N ratio. 

Both the reference symbols for assessing the chan- 
nel and the information symbols pass through a common 

25 device in the transmitter in which first the frequency- 
spreading and then time-spreading are carried out. The 
receiver is also designed correspondingly and first 
carries out the compression in time and then the 
despreading in the frequency domain. 

30 The transfer of the reference symbols is thus inte- 

grated within the data transmission in a very simple 
manner. No additional special transmitter or receiver 
modules, costly filter devices or additional correla- 
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tors are required for determining the channel parame- 
ters . 

The spreading methods used already demonstrate 
their advantages (high immunity to narrowband and 
broadband interference) in the pure transmission of in- 
formation. These advantages are particularly concen- 
trated when additionally used for determining the chan- 
nel parameters. 

It has been described above - for example with ref- 
erence to Figure 3 - how a chirp signal can be used as 
a correlation signal. A chirp signal as such is known 
and reference is merely made here once more to the im- 
portant characteristics of a chirp pulse or a chirp 
signal. Chirp pulses are linear frequency-modulated 
pulses of constant amplitude of duration T, during 
which the frequency continuously changes from a lower 
to an upper frequency by rising or falling linearly. 
The difference between the upper and lower frequency is 
represented by the bandwidth of the chirp pulse. The 
total duration T of the pulse multiplied by the pulse 
bandwidth B is described as the extension or spreading 
factor. Figure 8 shows the envelope of a compressed 
pulse which is produced when a chirp pulse passes 
through a dispersive filter whose phase response is 
parabolic and whose group run-time behaviour is linear. 

The preparation of the signal by frequency and time 
spreading has been described above. This combination of 
frequency and time spreading offers particular advan- 
tages in the suppression of interference in the trans- 
mission link. It should be emphasised that both fre- 
quency and time spreading can be integrated to good ef- 
fect into high-speed methods for data transmission 
with limiting data rates. If transmission takes place 
at the highest data rates, then a powerful equalisation 
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is required to suppress multipath effects. The prereq- 
uisite for this is the described assessment of the 
channel . 

It will now be described below how the methods of 
frequency spreading and time spreading can be intro- 
duced to a multiple-access system in a new manner, 
where the most important objective will be pursued, 
namely to guarantee the highest flexibility of the sub- 
scriber accesses with the maximum possible immunity to 
interference in each case. 

The channel resources available for transmission 
are the channel bandwidth B and the maximum achievable 
(or allowable) transmitter power P. Particularly when 
it is required to establish a point-to-multipoint sys- 
tem, the channel resources must be effectively managed. 
This does not mean a one-off optimisation and adjust- 
ment, such as when setting up a directional transmis- 
sion link perhaps, but a dynamic matching of the band- 
width requirements of the individual subscribers under 
likewise changing ambient conditions. 

The access system according to the invention is able 
to work under at least the following operating condi- 
tions : 

- different data rates from subscriber to subscriber, 
asymmetrical data rates 

- varying ambient influences (noise, interference sig- 
nals) 

- different and varying multipath conditions for dif- 
ferent subscribers 

- different and possibly variable distances between the 
subscribers and the base station 

- variable traffic density 
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- the BER requirements (BER = bit error rate) are also 
different for the different subscribers depending on 
the nature of the data to be transmitted (speech, mu- 
sic, video, online banking, etc.) The system should 
therefore also guarantee that the bit error rates re- 
quired by each subscriber depending upon the type of 
data to be transmitted are maintained in every case. 
A transmission system which must respond to so many 
variable parameters and at the same time guarantee ac- 
ceptable individual bit error rates, demands, according 
to the invention, the highest possible flexibility and 
at the same time the activation of all frequency and 
power reserves of the channel - in short, the full 
utilisation of the channel resources at all times. 

According to the present invention, a(n) (access) 
system is proposed to this end, which provides a data 
connection to the different subscriber stations and 
whose parameters (BER, data rate, transmitter power) 
can be matched to the individual requirements of the 
subscriber. In addition, it is to be guaranteed that 
the transmission system is capable of matching these 
parameters to changed transmission and traffic condi- 
tions of its own accord. 

The access system according to the present invention 
combines a variable frequency spread, a variable time 
spread, a variable subscriber-dependent transmitter 
power and a variable TDMA multiplex grid size for 
transmitting messages. 

The setting up of these parameters has a direct ef- 
fect on the flexible and adaptive response to variable 
subscriber requirements, the transmission data rate and 
the BER. The resource management takes into account 
that the different subscribers are at different dis- 
tances from the base station and that different ambient 



30 



conditions (interference, multipath effects, noise) ap- 
ply to the individual transmission paths. The access 
system according to the invention offers the possibil- 
ity of suppressing noise and other interference sig- 
nals . 

At the same time, the variables frequency spread, 
time spread, transmitter power (per information symbol) 
and TDMA grid size can be dynamically matched to the 
volume of traffic and changing transmission conditions. 
To a certain degree they can be set up independently of 
one another, i.e. they are dimensionable . 

The methods of time and frequency spreading can be 
used in combination with very different multiple-access 
methods, for example in TDMA systems, in FDMA systems 
or in a combination of TDMA and FDMA. 

The TDMA access method allows the system to operate 
with a variable symbol rate for the individual sub- 
scriber and allows communication to take place with 
asymmetrical data rates. A TDMA system is able to re- 
spond to changing subscriber densities (or bandwidth 
requirements) in the known manner by varying the time 
slot lengths. In close conjunction with these charac- 
teristics must be seen the possibility of setting the 
transmission quality related to the subscriber so that 
a certain required bit error rate (BER) is not exceeded 
(BER on demand) . 

A representation of the interaction of frequency 
spread, time spread, variation of data rate, the TDMA 
time slot length and the transmitter power is described 
below. 

The method according to the present invention is a 
multiple-access method with subscriber-related variable 
data rates and transmitter powers using an adaptive 
method for the frequency- and time-spread transmission 
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of the information symbols with the following charac- 
teristics : 

- TDMA frame with variable multiplex grid size 

In the basic structure, the access method according 
to the invention is designed like a TDMA method. The 
separation of the subscribers takes place on the time 
axis. In known TDMA systems (for example DECT), it is 
usual to provide a fixed multiplex grid size and to 
respond to increased data-rate requirements by put- 
ting together several time slots, which are then al- 
located to one subscriber. 

The TDMA frame used in the access method according to 
the invention does not have a fixed number of slots 
or fixed slot widths. The multiplex grid size changes 
with the number and the data-rate requirements of the 
logged-on subscribers. 
- Variable frequency spread 

In order to achieve the highest possible immunity of 
the transmission to interference, the information 
symbols transmitted in the time slots are frequency- 
spread to the channel bandwidth. 

The frequency spreading takes place in two stages: 

- Quasi Dirac pulse formation for each individual 
symbol, regardless of the symbol rate (this opera- 
tion is carried out in baseband and can be looked 
upon as the actual frequency spread) . 

- Band-pass filtering of the quasi Dirac sequence 
Frequency spreading is completed by means of the 
band-pass filtering. A limitation of the signal 
spectrum to the bandwidth B of the transmission 
channel is achieved. An individual symbol then has 
a rectangular-shaped power-density spectrum over 
the whole available frequency range. In the time 
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domain, the symbol flow appears as a sequence of 
sin (x) /x-shaped pulses. The mean width 5 of this 
type of pulse is defined by the channel bandwidth 
B and is given by 5 = 1/B. 
If there are frequency reserves before spreading, 
i.e. the quotient of channel bandwidth and subscriber 
symbol rate is greater than one, then a system gain in 
the signal-to-noise ratio will result from transmitting 
with frequency spread. This system gain is realised in 
the receiver by frequency compression. Associated with 
this is a reduction in the bit error rate. The system 
gain can be controlled by varying the symbol rate con- 
cerned. Reducing the symbol rate at a constant channel 
bandwidth automatically leads to an increased frequency 
spread, i.e. to a higher system gain and thus to a 
greater resistance to noise and narrowband interfer- 
ence . 

Finally, the variable frequency spread allows a 
particular bit error rare required by the subscriber 
to be set even under changing transmission conditions. 

Figure 9.1a shows a diagram in which the S/N ratio 
required to maintain a certain BER is shown against the 
data rate. The diagram shows the operating range of 
common CDMA systems which work with a spread spectrum 
method with fixed frequency spread and in comparison 
with this the working ranges of a QPSK system and of a 
transmission system according to the invention with 
variable frequency spread. The factor k designates the 
spacing of adjacent symbols in units of 5, where 5 rep- 
resents the mean width of a symbol which has been fre- 
quency-spread to the bandwidth B (5 = 1/B) . This value 
k can be looked upon as a measure of the frequency 
spread and is identical to the achievable system gain 
G. Whereas the CDMA method relies on transmission at a 
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fixed data rate when the S/N ratio required is low, the 
variable frequency spread allows the whole range [S/N; 
data rate] to be traversed along the line shown. If the 
required BER should reduce, for example if less sensi- 
tive data is to be transmitted, then the transmission 
speed can be increased. In every case, the full utili- 
sation of the "bandwidth" resource is guaranteed for 
all points on the line (spectral efficiency) . Frequency 
reserves of any magnitude are automatically converted 
into a system gain, which is effective during data 
transmission . 

Figure 9.1b contains an example of frequency- (and 
time-) spread transmission. The frequency-spread trans- 
mission symbols were transmitted with equal transmitter 
power but with different symbol rates (different k fac- 
tors) . The signals appearing at the output of the re- 
ceiving end compression filter are shown. The peak am- 
plitudes Us out of the compressed signal are increased by 
the factor Vk compared with the amplitude Us of the re- 
ceived spread signal. The corresponding increase in 
power has the value k. The system gain G = k can be 
varied by means of the symbol rate. 

The frequency-spread symbols are time-spread before 
transmitting to the receiver. The sin(x)/x pulses of 
width 5 produced symbol-by-symbol are converted to 
chirp pulses of length T before transmission. The chirp 
duration thus determines the maximum achievable time 
spread [= T/5] . A particular advantage of time-spread 
transmission consists in suppressing broadband inter- 
ference. For this reason, the chirp duration T is 
matched to the broadband interference periodically oc- 
curring in the channel. This matching is illustrated in 
Figure 9.2. 



Figure 9.2a shows possible broadband transmission 
interference which occurs with a period Tn- The band- 
width Bn of the interference pulses is larger than the 
effective channel bandwidth B. 

Figure 9.2b shows the spectra of the transmission 
signal and the superimposed broadband interference. Bn 
is the effective bandwidth of the interference signal, 
limited by the input filter in the receiver. Bnom is the 
total available (licensed) bandwidth of the channel and 
B is the channel bandwidth limited by the roll-off fil- 
tering in the transmitter and receiver, which, for bet- 
ter discrimination, will be described in the following 
as the effective bandwidth. 

Figure 9.2c shows how the interference pulses are 
additively superimposed upon the transmission signal. 
The signal mix of data and interference pulses first 
passes through an input filter in the receiver and then 
a dispersive delay line (chirp filter) . 

Figure 9 . 2d shows the output signal Uout(t) of the 
delay line. The compressed data pulses and the extended 
interference components are shown separately for better 
understanding. The amplitude of the data pulses before 
compression is designated with Us. Un is the amplitude 
of the superimposed broadband interference pulses. The 
amplitude of the data pulses at the output of the com- 
pression filter has increased by ^(.BT)in times while the 
amplitude of the interference pulses has reduced by 
1/V(BT) times. Compared with the uncompressed receiver 
signal, the signal-interference ratio has increased by 
a factor equal to the square root of n when considering 
the amplitudes and a factor n when considering the 
power. The two extended interference pulses are shown 
on the right of the diagram. They have been extended to 
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the duration T as a result of the spread to which they 
have been subjected. In principle, it is possible to 
spread broadband interference to any length required by 
choosing an appropriately high chirp duration T. How- 
ever, a boundary condition remains in the technical 
feasibility of the chirp filter. If the transient in- 
terference described occurs periodically, care must be 
taken when sizing the system to ensure that the spread 
pulses do not overlap in order to avoid an unwanted in- 
crease in the extended interference signal Un out- In or- 
der to rule out this possibility, the chirp duration T 
to be set must be chosen to be less than the period Tn 
of the interference pulses. 

As a result of the time spread, the signal to be 
transmitted acquires a resistance to broadband inter- 
ference. The size of the time spread is agreed (set) 
when making a link between the base station and the 
subscriber station depending on the occurrence of peri- 
odic broadband interference pulses. Hence the reference 
to a variable time spread. 

A different transmitter power can be assigned to 
the individual subscribers or the different timeslots. 

The setting up of these parameters has a direct ef- 
fect on the flexible and adaptive response to variable 
subscriber requirements, the transmission data rate and 
the BER. The resource management takes into account 
that the different subscribers are at different dis- 
tances from the base station and that different ambient 
conditions (interference, multipath effects, noise) ap- 
ply to the individual transmission paths. The use of 
frequency spreading and time spreading when transmit- 
ting messages offers the possibility of suppressing 
noise and other interference signals. 
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The variables TDMA grid size, frequency spread, 
time spread and transmitter power can be dynamically 
matched to the volume of traffic, changing transmission 
conditions and subscriber requirements. To a certain 
5 degree they can be set up independently of one another. 
As a rule, however, it is not the individual variables 
that are changed but their interaction and interlink- 
ing, as the following embodiment shows: 

The embodiment shows the principle by which the 
10 frequency spread, time spread and transmitter power are 
matched to one another. It is shown how these parame- 
ters can be matched (adapted) to suit subscriber re- 
quirements, transmission conditions and the traffic 
density. 

15 In the program scheme used for this, first of all 

the channel characteristics are analysed, then the de- 
mands of the subscribers on the transmission are inter- 
rogated and finally, taking this data into account, the 
size of the time spread, the frequency spread and the 
20 necessary transmitter power are determined. The connec- 
tion to the subscriber is then made using this data. 

A connection to be made is essentially characterised 
by three properties: 

the desired transmission speed (transmission data 
25 rate) 

the required bit error rate 
- the desired (possibly also the maximum allowed) 

transmitter power. 
These three values are advised by a subscriber station 
30 when it wants to establish a data connection to the 
base station. Depending on the nature of the data 
transmitted, the three requirements can be assigned 
different priorities. Hence, the bit error rate which 
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is required for transmitting speech can be less than 
the BER required for transmitting sensitive bank data. 
For transmitting speech, the priorities would, for ex- 
ample, be arranged in the order [transmitter power, 
transmission speed, BER] and for transmitting bank data 
in the order [BER, transmitter power, transmission 
speed] for example. 

The transmission of extremely long files (for exam- 
ple graphics files) requires a higher transmission 
speed than perhaps the transfer of short database que- 
ries. In other areas, perhaps in medical applications, 
the permissible transmitter power may be limited to a 
very low level while no increased requirements are 
placed on the transmission speed. 

In the diagrams of Figure 9.3 to Figure 9.8 an ex- 
emplary program sequence is demonstrated, which accepts 
the subscriber requirements (including the set priori- 
ties) and, using frequency or time spreading and power 
control, establishes a connection, matched to the chan- 
nel characteristics, with the highest possible immunity 
to interference. 

A subscriber's request for a connection marks the 
starting point in time. The base station has already 
reserved a time slot of a particular length in the TDMA 
frame for this connection. (This time slot can be in- 
creased or decreased as the connection proceeds, which 
requires agreement with the remaining subscribers and 
requires some protocol-related effort. A lengthening of 
the assigned time slot is necessary, for example, when 
the subscriber requests an increase in the data rate 
during a live connection without it being possible to 
reduce the BER or increase the transmitter power) . A 
time slot of constant length is required for the fol- 
lowing program scheme. 
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The program sequence plan is divided into five 
parts, which are each shown in their own diagram. The 
first part (see Figure 9.3) describes the input data at 
the time of logging on and the possible priorities 
which a subscriber can set. Depending on the selection 
made {transmission speed, required BER, transmitter 
power) , branching to the program sections in Figure 
9.4, Figure 9.5 or Figure 9.6 takes place. In these 
parts of the program, the third variable (priority 3) 
is determined from the preferred variable (priority 1) 
and the variable respectively assigned "priority 2". 
For example, for a transmission with a desired symbol 
rate and a required BER, the necessary transmitter 
power is calculated taking into account the boundary 
conditions (link damping and noise power-density) . 

A calculation procedure is shown in Figure 9.7, 
which is called up from the three previous sections of 
the program. The symbol rate achievable in each case 
for the subscriber and the possible time spread are 
calculated using this procedure. 

The results obtained are transferred to the "adap- 
tive procedure" in Figure 9.8. This procedure checks 
whether the calculated values, i.e. those intended for 
the transmission (symbol rate, BER and transmitter 
power) are adequate for the subscriber requirements and 
can be realised by the transmission system. If yes, 
then a connection is set up to the subscriber using ex- 
actly these values. Otherwise, again controlled by set 
priorities, the program will run through loops by means 
of which the symbol rate and transmitter power are var- 
ied until data transmission using these parameters can 
be carried out. The adaptive procedure is likewise ca- 
pable of responding to changes in the link damping and 
the spectral noise power-density so that a dynamic 



matching of the transmission system to changed trans- 
mission conditions can also be achieved. 

Figure 9.3 shows the input data which must be known 
to the transmission system (80) . This involves either 
fixed values (key data), which are system-specific and 
do not change (e.g. maximum transmitter power Pmax, 
channel bandwidth Bnom, type of modulation, roll-off 
factor r) , subscriber requirements (such as the re- 
quired bit error rate BERreq or the required symbol rate 
Dreq) or channel characteristics, which have to be de- 
termined in special measuring cycles (link damping Aunk, 
spectral noise power-density N^ieas) • 

The connection of the subscriber to the base station 
is organised for these input data, which are valid at 
the time of starting. If the "input data" data record 
is complete, the transmission characteristics can be 
defined. 

To do this, the effective bandwidth B of the trans- 
mission system (the channel bandwidth reduced by the 
roll-off factor r due to filtering) is first determined 
(81) . 

Next, the mean width 5 of a compressed pulse is cal- 
culated from the effective bandwidth B (82) . The back- 
ground for the calculation of 5 is that in the fre- 
quency spreading process to be carried out later, each 
symbol to be transmitted will be converted into a 
sin (X) /x-shaped pulse. A pulse of this kind has the 
full bandwidth B and a mean time width of 5 = 1/B. Be- 
fore transmitting, the sin (x) /x-shaped pulse is con- 
verted to a chirp pulse with the same bandwidth. The 
chirp pulse is compressed in the receiver. The com- 
pressed pulse again has a sin(x)/x shape and the mean 
width 6. 



The chirp duration T is fixed in the following field 
(83) . The chirp duration T is matched to the broadband 
interference occurring (possibly periodically) in the 
channel. If this interference has a period Tn, then the 
chirp duration T to be set must be chosen to be less 
than Tn. 

In the subsequent field, it is recorded which of the 
three transmission variables (transmission speed, BER 
and transmitter power) is assigned the highest priority 
(priority 1) and the second highest priority (priority 
2) (84) . This determines the further sequence of the 
program (85) . The corresponding program steps are de- 
scribed below with reference to the diagram numbers for 
the three possible decisions (related to priority 1) : 

[I] . Highest priority on transmission speed 
(Ref- Figure 9.4) 

In the first stage (see Figure 9.4) the necessary 
spacing k between adjacent symbols is calculated from 
the required symbol rate D^eq and the effective band- 
width B (90 and 91a/91b) . Here it is assumed that this 
spacing is an integral multiple of the mean pulse width 
5. The distance k is given in units of 5. 

In the second stage the second priority 2 is inter- 
rogated (92) . Where the second priority is placed on 
Bit Error Rate (BER) (93), it is imperative to maintain 
a required BER. The ratio Eg/N needed in the receiver 
for the required bit error rate BER^eq for the type of 
modulation concerned (QPSK in the example) is read from 
a table stored in the memory (95) . Here, Es designates 
the bit energy and N the spectral noise power-density. 
For example, according to the diagram shown, an Es/N of 
10 dB is required for a BER of 10'^. Thereafter, the 
procedure branches to entry point 7 (See, Figure 9.7). 



The required transmitter power Pxmit is determined 
from the calculated ratio Es/N, the measured link damp- 
ing Aimk/- the noise power-density Nmeas, the effective 
bandwidth B and the pulse distance k. (See, step 120 
in Figure 9.7). 

Thereafter, spacing At of adjacent symbols (i.e., 
symbol duration) measured in seconds is calculated from 
the distance factor k and the mean pulse width 5. 
(See, step 121 in Figure 9.7). The transmission is 
later carried out with this symbol spacing At. 

In the following stage (122 of Figure 9.7), the in- 
tended symbol rate D for the transmission is deter- 
mined. 

In the next stage (123 of Figure 9.7), the number n 
of chirp pulses overlapping after time spreading has 
been carried out is determined. In the time spread pro- 
cess the individual sin(x)/x pulses are time-spread by 
a factor cp = BT . A single pulse with a mean width 5 is 
converted to a chirp pulse of width T. If the chirp du- 
ration T is greater than the symbol duration At then we 
can talk about a time-spread transmission of the sym- 
bols. In this case, adjacent (chirped) symbols overlap 
one another to a greater or lesser extent. The quotient 
n = BT/k (=T/At) gives the number of symbols which 
overlap at any given time. This value n can be looked 
upon as the actual measure of the time-spreading. 

The method portion shown in Figure 9.7 then 
branches to entry point 9 of the adaptive method (See 
Figure 9.8). 

Returning to Figure 9.4, the case where transmitter 
power is assigned second priority (94) will be de- 
scribed. That is, transmission is to take place using 
the defined power Pxmit. In this circumstance, the 
method branches to entry point 6 (See Figure 9.6). 



The achievable Es/N is calculated from the transmit- 
ter power, the link damping Aixnkr the noise power- 
density Nmeas, the effective bandwidth and the distance 
factor k (110) . The achievable bit error rate for the 
calculated Es/N may be determined from a table stored in 
the memory for the type of modulation concerned (QPSK 
in the example) . The procedure branches to entry point 
8 (see Figure 9.7). As before, symbol spacing At, sym- 
bol rate D and the number n of overlapping pulses are 
calculated (121, 122, 123). The procedure branches to 
entry point 9 of the adaptive method (see Figure 9.8). 

The program sequences are described in detail for 
the case where the highest priority for the transmis- 
sion is placed on achieving a certain transmission 
speed and, for defining a second priority, either on 
achieving a certain BER or on maintaining a specified 
transmitter power. Both priority-determined sub- 
procedures finally branch to the adaptive method, shown 
in Figure 9.8, after all the transmission parameters 
have been determined. The way in which this procedure 
works is demonstrated in a later section. 

[II] . Highest priority on maintaining a required 
Bit Error Rate (BER) (Ref - Figure 9.5) 

The procedure starts at entry point 3 (see Figure 
9.5). The Es/N necessary for the required bit error rate 
is determined (100) . 

Next, the second priority is interrogated. Where 
transmission speed is the second priority (102), a de- 
termination is made in relation to the maximum possible 
receiver power under the assumption that the transmit- 
ter emits the maximum transmitter power Pmax(104). 
Then, a determination of the factor k necessary for 
this receiver power is made (105), i.e., what system 
gain G = k will guarantee a sufficiently high signal- 



to-noise ratio in the receiver?. Following this deter- 
mination, the method branches to entry point 7 (see 
Figure 9.7). 

Again, the required transmitter power Pxmit is calcu- 
lated using the calculated distance factor k. (120) 
(The previously completed procedure leads one to expect 
that, subject to a rounding error, Pxmit will be roughly 
equal to the maximum transmitter power Piaax) • The sym- 
bol spacing At, the symbol rate D and the number n of 
overlapping pulses are then calculated (121, 122, 123), 
and the method branches to entry point 9 of the adap- 
tive method (see Figure 9.8). 

In the case where a specified reduced transmitter 
power is second (see Figure 9.5 step 103), the achiev- 
able receiver power is calculated for the specified 
transmitter power (106) . Next, a determination is made 
of the factor k necessary for this receiver power 
(107), i.e., what system gain G = k will guarantee the 
Es/N required in the receiver?. Thereafter, the method 
branches to entry point 7 (see Figure 9.7). 

As before, the required transmitter power Pxmit is 
calculated using the calculated distance factor k, sym- 
bol spacing At, the symbol rate D and the number n of 
overlapping pulses are calculated (steps 120 through 
123) . The method then branches to entry point 9 of the 
adaptive method (see Figure 9.8). 

[Ill] . Highest priority on maintaining a speci- 
fied transmitter power (Ref - Figure 9.6) 

The procedure starts at entry point 5 (see Figure 
9.3). The achievable receiver power is calculated for 
the specified transmitter power (111) . Next, the sec- 
ond priority is determined (112) . 

Where the second priority is maintaining a speci- 
fied BER (113), a determination of the Eg/N required in 
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the receiver to maintain this BER is made (114) . 
Thereafter, the method branches to entry point 4 (see 
Figure 9.5), and a determination of the factor k neces- 
sary for this Es/N is made (107), i.e., what system gain 
5 G = k will guarantee a sufficiently high signal-to- 
noise ratio in the receiver?. Once this determination 
is made, the method branches to entry point 7 (see Fig- 
ure 9.7). 

However, where the second priority is maintaining a 
10 specified transmission speed (see Figure 9.6) (115), a 
determination of the achievable factor k while main- 
taining the desired symbol rate D^eq (116, 117, 118), 
i.e., what system gain G = k can still be achieved if 
transmission is to take place at a bandwidth B with a 
15 data rate Dreq? - 

Subsequently, a determination is made of the Es/N 
which can yet be achieved using the calculated distance 
factor k (110) . The bit error rate achievable for the 
calculated Es/N is determined from a table stored in the 
20 memory for the type of modulation concerned (QPSK in 
the example) (119) . Then, the method branches to entry 
point 8 (see Figure 9.7). 

The adaptive method shown in Figure 9.8 will now be 
explained using the example of the last case discussed, 
25 i.e., case III, wherein the first priority is on main- 
taining a specified transmitter power, and the second 
priority is on maintaining a specified transmission 
speed. 

The adaptive procedure starts at entry point 9 (see 
30 Figure 9.8). First, a test is performed to determine 
whether data transmission can take place using the cal- 
culated and transferred parameters (i.e., symbol rate, 
BER, and/or transmitter power) (130) . If the transmis- 
sion system allows the operating case determined in 
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this way, then the send/receive devices are setup (150) 
and the transmission begins (151) . Subsequently, the 
procedure branches back to the start (152) (see Figure 
9.3) . 

5 If, however, the test result turns out to be nega- 

tive, the system will be checked in the order of the 
defined priorities to see which of the required parame- 
ters are not maintained (131) . 

If the transmitter power is not sufficient (134), 
10 then the parameter Pxmxt will be set to a new value (145) 
and the method branches to entry point 5. The remain- 
ing parameters will also be recalculated using the 
newly selected transmitter power. If the transmission 
conditions (link damping, noise power-density) have 
15 changed in the meantime, then the changes will be in- 
cluded in the new calculation. When the adaptive method 
is reached once more, the testing starts again (130) . 
The program will run through this loop until the neces- 
sary transmitter power has been set. 
20 If (according to the established second priority) 

the required transmission speed is not achieved, it 
will next be checked to see whether reserves exist for 
increasing the symbol rate (132) . If the distance fac- 
tor k already has a value of 1 (135, Yes), there are no 
25 more reserves. In this case, the symbol rate will be 
equal to the effective bandwidth. A single symbol will 
have the full bandwidth, i.e. the upper limit of the 
symbol rate has been reached (136) . Frequency spreading 
will not take place and the system gain is G = k = 1. 
30 An increase in the transmission rate effective for the 
subscriber can only be achieved by extending his time 
slot in the TDMA frame. This requires a reduction in 
the overall system loading (137) and if necessary wait- 
ing for this reduced system usage. When this has been 
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achieved, the desired connection can be made. The pro- 
cedure branches to the start (138) (Figure 9.3). 

If, on interrogation, k has a value > 1, (135, no) 
then there is a possibility of increasing the symbol 
5 rate and in return reducing the frequency spread or the 
associated system gain G = k. In this regard, k is ini- 
tially reduced by 1 (139) . In this case, an increase in | 
the bit error rate is to be expected. Whether this in- 
creased BER can be tolerated is decided by going around 
10 the loop once more (jump to entry point 2) . If the 
adaptive method is reached in the loop, this method 
starts again from the beginning until the required 
transmission speed has been achieved. 

If (according to the established third priority) 
15 the required BER is not achieved when the system is in- 
terrogated (133), then it is decided according to the 
priority list (140) whether the data rate or the trans- 
mitter power can be varied (141) . In the case under 
consideration, a fixed transmitter power has priority 
20 and therefore the method branches to change the symbol 
rate, in this case to reduce the symbol rate. To do 
this, the distance factor k is increased by 1 (142) and 
the symbol spacing increases. Whether the new symbol 
spacing is sufficiently high to maintain the desired 
25 BER is investigated by going around the loop (jump to 
entry point 6; see Figure 9.6). If the procedure initi- 
ated there runs through as far as the method adaptive 
procedure (Figure 9.8) then the loop will run again if 
necessary until the required BER is achieved. 
30 The distribution of the transmitter power and time 

slot-length resources between the individual subscriber 
stations in a transmission system according to the in- 
vention is described below with reference to Figures 9.9 
to 9.14. 
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Figure 9.9 shows a TDMA frame of frame length T^. 
The frame is divided into an interval Tso for measuring 
the channel, an organisation channel of length Tsi and m 
mutually independent message channels with slot widths 
Ts2, Ts3, . . . Tsm- Each of these time slots can be as- 
signed a transmitter power Ps (Pso/- Psif • • • Psm) • The 
transmitter power of the individual channels is limited 
to a maximum value Pmax. The number n (no, ni, ... n^) is 
used to designate the number of pulses overlapping at 
any given time in the respective slot 0, 1, ... m. The 
value n depends on the symbol duration achieved in the 
appropriate slot and the chirp duration T (N = T/At) . 
If the distance factor k introduced above (the quotient 
of the effective bandwidth and the achieved symbol rate 
D) and the BT product for the chirp filter used for 
time-spreading are taken as the basis for the calcula- 
tion, then the value n is given by n = BT/k. 

It can be seen from Figure 9.9 that each time slot 
can be separately assigned a slot length and a trans- 
mitter power. A consequence of the variable time 
spread, which has been demonstrated in the program 
scheme according to Figures 9.3 through 9.8, is the 
number n of overlapping pulses which differs in rela- 
tion to the time slots. In each time slot, the trans- 
mitter power Ps is thus distributed between n overlap- 
ping chirp pulses at any point in time. If the symbol 
spacing is chosen, as in the time slot for channel 
measurement, to be so large that adjacent chirp pulses 
no longer overlap (in this case At > T) , then a single 
chirp pulse, i.e. a single transmitted time-spread sym- 
bol, will be transmitted with the total transmitter 
power of the slot, for example with the maximum trans- 
mitter power, as shown in the diagram for slot 0. 
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Figure 9.10a shows the distribution of the channel 
resources of a TDMA system known from Figure 9.9. The 
signal received by time compression in the receiver is 
shown schematically in the diagram represented in Fig- 
5 ure 9.10b. 

It can be seen that the peak amplitude Usoout of the 
time-compressed (despread) signal for slot 0 (Pso = Pmax, 
no = 1) is the highest. Transmission took place in the 
adjacent slot 1 with the same transmitter power (Psi = 
10 Pmax) • The achieved peak amplitude Usiout of the com- 
pressed pulses is significantly less. A symbol spacing 
of Ato > T is achieved in time slot 0 [Tsol , a higher 
symbol rate is provided for time slot 1 [Tsi] and the 
symbol spacing Dti is correspondingly less. The lower 
15 part of the diagram shows how the achievable system 
gain is calculated for the individual time slots. The 
symbols in the time slot for the channel measurement 
are transmitted with a very low symbol rate but on the 
other hand with the maximum possible system gain Go = 
20 BT. If the symbol rate is increased while maintaining 
the chirp duration T, then the system gain reduces to a 
value G = 1, shown in the example for time slot m [Tsml • 
In this, the symbol rate D has reached its maximum and 
adjacent symbols have the spacing 5. In this case the 
25 symbol rate D is equal to the effective bandwidth B; 
frequency spreading does not take place (limiting case 
for the highest possible data rate) . 

A maximum transmitter power has been assumed for 
slots 0, 1 and m (Pso = Psi = Psm = Pmax). In the example 
30 of slots 2, 3, 4, it is shown in the slot diagram 

that the transmitter power can also take values less 
than Pmax- Three degrees of freedom therefore exist in 
the organisation of the subscriber accesses - the 
length of the time slot, the symbol rate within the in- 
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dividual time slots and the transmitter power provided 
for the individual slots. 

If slot 3, for instance, is considered, then it is 
clear that transmission is carried out with a very low 
transmitter power Pss and with the maximum possible sym- 
bol rate 1/ 5. As a rule, this combination will only be 
possible when the distance to be overcome by the trans- 
mitted signal for a given noise power-density is low. 
The other extreme case - maximum transmitter power at 
very low symbol rate - is demonstrated by the interval 
for channel measurement (slot 0) . For measuring pur- 
poses it is required that the two pulses are transmit- 
ted with special safeguarding against noise interfer- 
ence, i.e. with increased S/N. For this purpose, the 
maximum system- immanent spreading gain = BT is ac- 

tivated for the transmission of every single measuring 
symbol and, in addition, the transmitter power Pxmit is 
maximised (Pxmxt = Pmax) • 

Between these two extremes, the slot data of the 
TDMA frame must be matched to variable subscriber re- 
quirements and transmission conditions. In doing so a 
further aspect must be taken into account. As a rule, 
the transmission is subject to interference from mul- 
tipath effects. This means that message symbols within 
a time slot are distorted by multiple reflections and 
can cause inter-symbol interference both in their own 
time slot and in following time slots. In order to keep 
the interference power so caused as low as possible in 
the following time slots (with respect to the transmit- 
ter power Ps set there) , it is advantageous to sort the 
individual traffic time slots within the TDMA frame ac- 
cording to increasing power. Example: Ps2 < Ps3 < Ps4 < 
. . . < Psm. 
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Also shown in Figure 9.10 are the formulae for de- 
termining the system gain G and the peak amplitude 
Usi_out of the signal compressed at the receiver end for 
the individual time slots. 
5 The peak amplitudes to be expected of the signals 

compressed in at the receiver end time slots 0, 1, 
m for a slot distribution according to Figure 9.10 are 
calculated in Figure 9.11. 

Figure 9.12 gives an example of changing the slot 
10 data when the system requirements change. The reference 
for this is Figure 9.10. The slot widths for slots Sa, 
S3 and S4 and the assigned transmitter power for slot 3 
have changed. 

The peak amplitudes to be expected of the signals 

15 compressed at the receiver end in time slots 0, 1, 

m for a changed slot distribution according to Figure 
9.12 are calculated in Figure 9.13. 

Figure 9.14 shows the form of the ends of the enve- 
lope of the transmission signal for the TDMA slot re- 

20 gime known from Figure 9.9. If single non-overlapping 
chirp pulses are transmitted, as in the measuring in- 
terval Tso, then the rise and decay times are dependent 
on the bandwidth of the transmitter. If overlapping 
chirp pulses are transmitted, then the edges have a 

25 flatter appearance. In this case, the rise and decay 
times are additionally dependent on the number n of 
overlapping pulses. 

The diagram in the bottom part of the picture 
clarifies this effect. Highlighted in an extract are 

30 the decay of the second chirp pulse in the measuring 
interval Tso and the shape of the rising edge in the 
synchronisation interval Tsi . 

At the same time this shows the mechanism of time- 
spreading when passing through a dispersive filter. 
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This time-spreading can be interpreted as if each sym- 
bol had been converted into a chirp pulse of length T. 
The sequence of symbols in the time-spread signal then 
appears as a sequence of chirp pulses with the same 
5 characteristics, which are produced offset to one an- 
other by a symbol spacing At and are additively super- 
imposed. The rising edge only reaches its final posi- 
tion after a time period of n • At. (This representa- 
tion is highly simplified. If a bipolar sequence of 

10 sin(x)/x pulses is transmitted, then, in reality, chirp 
pulses, offset in time with statistically distributed 
reversal of polarity, are superimposed upon one an- 
other) . Fundamentally however, the shape of the edges 
of the ends of the envelope can be explained with this 

15 model. 

Principle aspects of the present invention and its 
particular advantages can be summarised as follows: 

The transmission method according to the present 
invention or the multiple-access system according to 
20 the invention works using frequency- and time-spread 
signals, and the method according to the invention en- 
ables operation with subscriber-related different and 
variable symbol rates. 

Each subscriber is assigned the full channel band- 
25 width B regardless of the required symbol rate R. If 
frequency reserves exist, i.e. if the channel bandwidth 
is greater than the symbol rate R, then these frequency 
reserves are converted automatically and directly into 
a system gain by frequency-spread transmission. The 
30 methods for frequency- and time-spreading can be imple- 
mented solely on the physical plane. In this way it is 
possible to control the system gain by a simple change 
of the data rate without changing other system charac- 
teristics (re-initialising or similar) . 
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The frequency-spreading method ( symbol-by-syrtibol 
quasi Dirac pulse formation with subsequent matching 

filtering) guarantees that each message symbol is 
spread to the full channel bandwidth. The subsequent 
5 time-spreading (conversion of the frequency-spread sym- 
bols in the transmitter into chirp pulses) is easily 
achieved by passing the sequence of frequency-spread 
symbols through a dispersive filter with a suitable 
frequency/run-time characteristic (for example a SAW 

10 chirp filter) . 

Re-converting the chirp signals at the receiver end 
takes place with a further chirp filter whose fre- 
quency/run-time characteristic is the inverse of that 
of the chirp filter at the sending end. 

15 The inverted frequency/run-time characteristic de- 

scribed between the sending and receiving chirp filters 
is the only condition which is necessary for re- 
conversion. If chirp filters with this characteristic 
are designed as passive components (for example in SAW 

20 technology (SAW = Surface Acoustic Wave) ) , then re- 
conversion of the chirp signals and, by suitable choice 
of the modulation process, also the demodulation of the 
signals received, can take place fully asynchronously. 

Full utilisation of channel bandwidth for transmit- 

25 ting each individual symbol predetermines the transmit- 
ting pulses (time-spread signals) even for the channel 
assessment. If such a broadband symbol (chirp pulse) is 
transmitted, it excites the channel with the same in- 
tensity over the whole of its bandwidth. In the re- 

30 ceiver, the chirp filter undertakes the transformation 
from the frequency domain to the time domain so that 
the pulse response of the channel appears directly at 
the filter output. Associated with syrabol-by-symbol 
time-spreading is a suppression of interference, which 
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is superimposed on the message signal in the transmis- 
sion link. The despreading (compression) at the re- 
ceiver end of the symbols received at the same time 
causes a spreading (expansion) of the superimposed in- 
terference signals. As a result of this process, the 
interference energy is distributed over a longer period 
of time and the probability of the information symbols 
being destroyed reduces. 

In the transmission method according to the inven- 
tion, a single symbol (chirp pulse) is sufficient to 
determine precisely the complete channel pulse re- 
sponse . 

This does not rule out that this accuracy can be 
further increased by transmitting several consecutive 
reference symbols with a spacing corresponding to the 
maximum delay spread and forming the mean value or by 
auto- cor relation . 

The transmission method according to the invention 
provides a measure of flexibility and functionality 
right at the physical level which can only be realised 
by other known systems (CDMA, TDMA, FDMA) at higher 
levels of signal-processing by means of computer opera- 
tions . 

To halve the transmission data rate for example, in 
the described transmission method according to the in- 
vention, the time-related spacing between two consecu- 
tive symbols and the energy of the individual symbol 
are doubled. In this way, the channel resources are 
fully utilised even at half the data rate. To achieve 
the same effect, other systems would have to include 
redundancy in the data stream (for example by inter- 
leaving) . As a result, the data rate visible to the 
user for an unchanged physical symbol rate is halved. 
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